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NEW  SAW  TIME  INVERSION  SYSTEM 


II.  Messer,  Y.  Bar-Ness,  II.  Gilboa 


Abstract 

'A  new  SAW  time  inversion  system  is  described.  It 
requires  fewer  chirp  filter  elements  than  those  required 

CL 

M4 

with  the  common  method  of  cascading  two  Fourier1  J or 

f-2i — 6 

Fresnel  transformations  . This  new  method  is  based  on 
the  fact  that  the  Fourier  transform  of  a linear  F.M. 
signal  whose  envelope  is  modulated  by  a given  time  func- 
tion has  (approximately)  the  time  inverted  function  as 
its  amplitude.  Theoretical  discussion  and  some  ex- 
perimental results  are  included. 
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I ntroduct ion 

Time  inversion  systems  could  be  very  useful  for 
signal  processing  applications  in  different  communica- 
tion problems.  Real  time  adaptive  matched  filters  can 
simply  be  obtained  by  convolving  (using  SAW  convolvors) 
the  given  signal  and  its  time  inverted  version.  The 
crosscorrelation  function  between  two  signals  can  be 
obtained  using  such  a convolvor  together  with  a time 
inversion  of  one  of  these  signals.  Such  a correlator 
can  be  useful,  for  example,  in  many  applications  of 
adaptive  arrays. 

Applying  two  identical  inverse  chirp  transform 
systems ^ to  a real  time  signal  will  result  in  an  out- 
put which  is  the  time  inverted  replica  of  the  input. 
Implementation  of  this  idea,  using  chirp  elements  would 
require  at  least  four  chirp  filters.  Similarly  using 
Fresnel  transform1  we  need  three  chirp  elements. 

In  this  paper  we  present  a new  and  simpler  method 
of  time  inversion,  which  require  still  fewer  chirp 
elements . 


Principle  of  Operation  of  the  New  Time  Inversion  System 
The  basic  configuration  of  the  new  time  inversion 


system  is  given  in  Figure  1.  Except  for  the  difference 


in  chirp  filter  slopes  this  system  resembles  the  regular 


MCM  (multiplication-convolution-multiplication)  chirp 
transform  system. 

To  demonstrate  the  operation  of  the  system  it  will 

be  assumed  that  the  signals  (the  impulse  response  of  the 

chirp  filters)  are  of  an  ideal  all  pass  baseband  type, 
c±jMt2  13] 

Let 

2 

f(t)  = r(t)e'jyt  , (1) 


be  a linear  F.M.  signal  whose  envelope  is  modulated  by  a 
given  function  r(t).  Its  Fourier  transform  is  given  by 
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This  integral,  however,  cannot  be  evaluated  in  general. 
Nevertheless  when  r(t)  is  slowly  varying,  it  is  possible 
to  find  a simple  approximant  to  equation  (2)  ^ . This  is 
based  on  the  following  approximate  limit  expression  for 
the  delta  function, 


<5(t) 


(3) 


using  this  in  equation  (2)  we  have 
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and  with  the  chirp  transofrin,  co  = 2pt,  we  get 


_ mijtr 

F(2Pt)  ^ e 4p  r ( - 1)  . 


(5) 


I'rom  Figure  1 we  obtain  after  simple  manipulation 


• .2  r+<» 

y(t)  = eJUt 


2 . 


r^e'^1  e-->2MTt 


dt 


and  by  equation  (1)  and  the  definition  of  the  chirp 
transform  this  becomes. 


2 

y(t)  = eJUt  F (2u t) . 


Finally,  substituting  equation  (5)  into  equation  (6) 
yields 


(6) 


xCt)  ^ ej2pt  r(-t) 


The  accuracy  of  this  approximation  depends,  of 


(7) 


course,  on  how  large  u is,. 


In  practical  systems,  m 
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is  usually  large  enough  u = ^ , where  B is  the  filter 

bandwidth  and  T is  the  time  duration  of  its  impulse 

response.  For  saw  chirp  filters  B is  in  MHZ  and  T is 

1 2 

in  microseconds,  so  that  u is  of  the  order  of  10 

Discussion  and  Experimental  Results 

Non- ideal  saw  chirp  filter  have  a finite  bandwidth 
B and  an  impulse  response  of  finite  duration  T.  There- 
fore just  as  for  the  MCM  configuration  of  a chirp 
transform^,  the  system  bandwidth  (i.e.,  the  maximum 
signal  bandwidth  that  can  be  processed  by  the  system) 
is;  Bs  = B2  - B^  where  Bj  = 4uT ^ and  B2  = 2m1’2. 
Furthermore,  it  can  be  shown  * ^ that  the  integral 
of  equation  (6)  gives  the  Fourier  transform  of  f(t)  if 
- j (T2-Ti)  < t < j O^-Tj)  where  T2  > Tx . Notice 
that  the  system  duration  Tg  (the  maximum  signal  dura- 
tion that  can  be  processed  by  the  system)  equals  Tj . 

Thus,  letting  T^  = aT2,  ot  < l we  have 

BsTs  = 2y (1 - 2a)«T2 . (8) 

The  maximum  system  time-bandwidth  is  obtained  for 
a = , and  thus  the  optimal  design  is  obtained  with 

T1  = T T2’  B1  = 7 B2  and  Bs  = 7 B2  and  Ts  = ? T2‘ 
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Notice  that  these  results  are  different  from  those 
obtained  for  MCM  chirp  transform  system.  For  the  latter 
a = 1/2  was  required  for  maximum  time  bandwidth. 

The  experimental  set-up  shown  in  Figure  2 was  used 
to  test  the  principle  idea  of  the  new  time  inversion 
system.  Squarer  element  followed  by  bandpass  filter  is 
used  to  obtain  the  double  chirp  slope.  Figures  (3a)  and 
(3b)  present  measured  input  and  output  of  the  time  in- 
version system.  The  lower  traces  in  these  figures 
represent  the  input  signal,  while  the  upper  include  the 
output  signal  after  an  r.f.  detector. 

Conclusion  > 

Using  a limit  expression  for  the  delta  functions 
(equation  (3)),  we  proved  that  the  amplitude  of  the 
Fourier  transform  (equation  (4))  of  a linear  F.M.  signal 
modulated  by  a given  function  r(t),  (equation  (1))  is 
the  time  inverted  function  r(-t).  Using  this  we  pre- 
sented a new  saw  time  inversion  system  that  require  for 

its  implementation  less  chirp  elements  than  the  systems 

r 1 1 r 2 1 ' 

based  on  using  inverse  chirp1  or  Fresnel  transforms 
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Legends 

Figure  1 

Figure  2 

Figure  3 


The  basic  configuration  of  the 
time  inversion  system 

Experimental  set-up  used  for  testing 
the  principle  idea  of  the  time 
inversion  system. 

Experimental  Results.  In  both  photos 
the  lower  traces  represent  input 
signal  and  the  upper  trace  the  outputs 


.'jl 


